I. INTRODUCTION
During last decade, extensive analysis of single-hop packet-switched spread spectrum (SS) random access systems has been introduced in the literature. Most of the analyses thus far have focused on the physical-level performance in terms of the probability of bit error, with only a few papers dealing with medium access control (MAC)-level throughput and delay analyses [1] , [2] , [3] . In particular, the MAC-level analysis of SS random access systems with delay capture is very rarely found in the literature.
Several researchers have considered the MAC-level performance analysis for some SS multiple access packet radio networks of interest in this paper. Davis and Gronemeyer [1] analyzed a DS/SS slotted ALOHA packet radio system with randomized TOA and delay capture. With the assumption that a perfect error correcting code capability is available at the receiver, they focused on the effect of capture on the network performance in terms of throughput, delay and stability. The slotted ALOHA CDMA system was analyzed by Raychaudhuri [2] . Assuming each arriving packet is always captured with probability one, he emphasized the effect of multiple access coding techniques on the throughput-delay-stability performance. Polydoros and Silvester [3] proposed an analytical framework for the study of single-hop slotted random access SS packet radio networks with various network topologies and channel conditions; their theory is characterized by the identification of a set of probabilistic parameters which serve to efficiently summarize the effect of various network considerations on the MAC-level performance.
In general, to determine the performance of the postulated system, the statistics of throughput and delay are used as figures of merit that characterize system performance. System performance can be evaluated by applying the following three standard analysis approaches:
1. Finite user population Markov chain analysis;
2. Equilibrium contour analysis based on the limiting throughput of an infinite user population;
3. Infinite population S G analysis, which provides a measure of maximum achievable throughput (channel capacity).
For an infinite user population, we can look into the dynamic behavior of the postulated system from twin viewpoints of equilibrium contour and S G (throughput versus offered traffic) analyses. In [1] , an equilibrium contour analysis has been used for the infinite user population, leading to the limiting output rate (throughput) equation.
Equilibrium contour analysis was first used by Kleinrock and Lam in evaluating the performance of slotted ALOHA multiple access system [4] . This analysis is a fluid-type approximation which applies only to steady state. It assumes that the system is always at an equili-brium point, where the equilibrium point is defined as a point n at which the new packet input rate S in .n/ is equal to the system throughput rate S out .n/: Therefore, in equilibrium contour analysis, it is not necessary to calculate the state transition probabilities P i; j , which are essential in the finite population Markov chain analysis.
In equilibrium contour analysis, the globally stable equilibrium point on the load line, denoted by .n o ; S o /; is determined at the intersection of the contour and the load line. This equilibrium point is called the "channel operating point" [4] . Kleinrock and Lam showed that the steady-state throughput-delay performance of a stable channel is closely approximated by its globally stable equilibrium point; that is, S and N for a stable channel are closely approximated by the equilibrium throughput and delay S o and n o at the channel operating point. We will verify this claim through a numerical example.
S G analysis easily delivers the means to evaluate the performance of the given capturetype slotted ALOHA system in terms of the maximum achievable throughput or channel capacity.
A stability analysis can be performed using a load line approach in an equilibrium contour analysis. The S G analysis cannot deal with the stability problem because the offered traffic (channel traffic) 1 is modeled as a ho- 1 The offered traffic, often called channel traffic, is referred to as the sum of new packet transmissions and retransmissions in a channel [7] .
mogeneous Poisson process. Equilibrium contour analysis is based on a Poisson assumption. However, only the new packet arrival distribution is approximated by this Poisson process for an infinite population. Compared to the equilibrium contour analysis, less computation is required in the S G analysis. The major disadvantage of the Markov chain analysis is state space explosion, which limits the size of the network that can be analyzed.
In the Markov model, the new packet input rate S in .n/ in state n is expressed by
where q a denotes the new packet transmission probability and 0 Ä n Ä M, depending on the state of the system. In this paper, we reconsider the classical Davis and Gronemeyer's work [1] to extend their previous published results into a finite population Markov chain analysis, where the linear algebra approach based on eigenvectoreigenvalue problem is employed to describe the behavior of the postulated DS/SS slotted ALOHA wireless random access network with delay capture. However, this paper majorly concerns about demonstrating the viability of the employed analysis approach, rather than showing the performance itself of a given specific technique.
II. SYSTEM DESCRIPTION
Consider the slotted ALOHA random ac-cess system shown in Fig. 1 [5] - [7] , in which the ALOHA system consists of M users contending to occupy a single common channel. Fig. 1 shows that each user is in either the transmission (TR) mode or the retransmission (RT) mode, depending on whether or not he suffered a channel collision. A user in either the TR or RT mode will enter the RT mode if the packet transmission is not successful, while he will enter the TR mode if the packet is successful. In the TR mode, a user generates and transmits a new packet in a slot with probability q a : The transmission mode is also referred to the "thinking" or "origination" mode. A user who has suffered a channel collision and is waiting for retransmission is said to be in the RT mode. A user in the RT mode is often said to be "backlogged," and a backlogged user is blocked in the sense that he is inhibited from generating and transmitting a new packet [8] , [9] . He simply retransmits a packet in each successive slot with probability q r until attaining a successful packet transmission; that is, the retransmission delay is geometrically distributed with mean 1=q r : Since q r is the retransmission rate for the input traffic, we note that 0 < q r < 1: Similarly, we have 0 < q a < 1 for the transmission rate q a ; where q r > q a is usually assumed for cases of practical interest. For computer networks, the traffic from individual users is typically characterized by a bursty behavior, that is, a high peak-to-average traffic rate. Because of this characteristic, q a 1 is usually assumed in such a system. For simplicity in modeling the system, it is assumed that acknowledgements are perfect and instantaneous. Zero propagation delay is also assumed for packet transmission. The symbol n in Fig. 1 indicates the backlog number, which describes the state of the system. Thus, n will form the discrete state space consisting of a set of integers, f0; 1; 2; ; Mg:
For the derivation of a tractable solution to the proposed system, a number of modeling assumptions and approximations are necessary.
Basically we assume that all transmitters use a common spreading code and that suitable spreading code properties allow for the successful reception of time-overlapping packets. We also assume that the processing gain of the system is high enough to mitigate interference effects and that the repetition period of the code is chosen sufficiently large so as to assure that two packets using the same spreading code are quasi-orthogonal if they arrive with a time offset of at least T chip :
With respect to acknowledgements, a perfect and instantaneous reception of acknowledgements is assumed. It is assumed that collisions are detected by time-out due to the lack of a positive acknowledgement. Zero propagation delay is also assumed.
Perfect synchronization is assumed to be available in slotting. Once a packet is captured, we assume the receiver remains locked onto the packet until the end of reception, regardless of whether or not bit errors occur. Also, all transmitted signals are assumed to have equal received power at the receiver sys- tem. Thus, consideration of the near-far problem is eliminated from the performance analysis.
To make packet captures possible in the presence of collisions, we must specify the design of the packet, the slot and the capture mechanism.
Packet Design
In our analysis, we assume that a single packet is comprised of a special preamble code and an address/message portion. In addition, we assume that every packet preamble employs an identical pseudo-noise (PN) code (for more detailed examples, refer to [10] ). This preamble code is used for both packet detection and synchronization. For packet detection and synchronization, a matched filter is used at the receiver system [10] , [11] . The advantage in using a matched filter lies in the fact that there is no need to search in time for the incoming signal [12] . Since the matched filter will respond whenever the target signal arrives at the receiver, the locations and magnitudes of the peaks in the matched filter output indicate the exact arrival times and signal strengths of all packets that are received during that time slot. The data portion in fact includes an encoded address part as well as an informationbearing part.
Slot Design
To support delay capture, the length of the slot, T s ; is extended in order to allow some additional time for the randomization of packet transmission times. Thus, the actual packet time T p should be made smaller than the slot width by an amount T u I that is,
In each slot, packet transmission times from each user are then uniformly randomized over the T u interval. This randomization causes packet arrival times to differ slightly and allows the receiver system to detect and capture the desired packet based on the autocorrelation properties of the preamble PN code.
Randomized TOA
In a slotted ALOHA system, all users are synchronized by means of a common clock and are allowed to transmit a packet only at the beginning of a slot. Therefore, the propagation delay will cause the contending packets in a given slot to arrive at the intended receiver in order of increasing link range; the transmitters at shorter distances from the receiver will have a higher chance to eventually deliver their packets to the receiver. Thus, as Abramson has indicated in [13] , the transmitters beyond a certain critical distance from the receiver may have no throughput. This range effect is unfair to the transmitters located far from the receiver.
To make the reception of packets fair at the receiver, transmitters must incorporate randomized transmission delays within the slot. In a system with delay capture, the use of this randomization procedure can eliminate the discrimination against the more distant transmitters. If the randomized transmission procedure is implemented at each transmitter, the central receiver at the destination will see the incoming packets with TOAs randomized over the interval .0; T u /:
Packet Capture Mechanism
The TOA differences can be used to allow capture of the first arriving packet in a slot. A system which uses DS/SS signaling exhibits the delay capture effect because of the high peak-to-sidelobe autocorrelation property of a PN sequence. With the assumption that the PN sequence does not repeat its pattern within a packet duration, then two packets which use the same sequence and arrive at the same time will be highly correlated over the entire packet duration; whereas, packets arriving with at least chip time offset will demonstrate the quasi-orthogonality of the PN code. As the number of chips in the PN sequence gets larger, the autocorrelation function R. / of the PN code becomes smaller for j j > 0: Thus, packets arriving with time offsets are nearly orthogonal and thus do not induce large mutual interference. A minimum time to resolve two packets as separate arrivals will be necessary, however, the orthogonality between packet arrivals depends on the autocorrelation function of the PN code. This minimum time necessary between arrivals is called the "capture time," which we denote T c :
To determine the presence or absence of a signal, a threshold detector located at the output of the matched filter is used. When the detector is triggered by the threshold crossing, the decoder is enabled to lock onto the current packet. Now we illustrate the concept whereby the first arriving packet will be captured. As an example, consider first the situation shown in Fig. 2 (a) in which there are three arriving packets in a slot. The first two packets arrive less than T c seconds apart, while the third one arrives more than T c seconds after the second packet. In this case, the output of the matched filter will give three spikes. The receiver will respond to only the first spike and try to decode the first arriving packet. However, the first packet will not be successfully decoded because of the failure to satisfy the minimum requirement for a separation of T c between the first two arriving packets. The second and third packets will not be captured because the receiver, upon detecting the spike of the first packet, has already switched to the long acquisition and tracking mode and therefore cannot lock onto any other later arriving packets, even if the first packet is not successfully captured. Nevertheless, it is possible for a packet other than the first to capture the receiver. Additional captures may occur due to radio propagation characteristics such as Rayleigh fading that results in power capture at the receiver. Additional captures contribute to the total capture probability. But in [1] the authors assume that only the first packet is eligible for capture. As a result, their equation for the capture probability acts as a lower bound on the true capture probability. Fig. 2(b) shows the case where the receiver successfully receives the first arriving packet. The receiver will capture the first packet once it detects the first spike. In this case, the first packet will be captured because all subsequent packet arrival times are sufficiently separated from the first packet. For the same reason as in Fig. 2(a) , the second and third packets cannot be successfully captured. Accordingly, subsequent spikes will be neglected and only the first packet is captured.
We have now defined the necessary modeling assumptions and approximations, and described how the DS/SS slotted ALOHA receiver system under consideration works. Next, we determine the capture probability, which will later be incorporated into the performance analysis.
III. CAPTURE PROBABILITY
In order to determine the performance of a capture channel, it is necessary to probabilistically describe the capture phenomenon. The capture probability, denoted by C n ; for the capture model considered is
where Q is the capture ratio, defined by T c =T u ; and n denotes the number of arriving packets in the given slot at the receiver system. Equation (3) was previously derived by Davis and Gronemeyer [1] . The derivation method that they used is a random variable approach based on the distribution of TOA occupation. For n packets arriving in a slot with different arrival times, TOA i ; 1 Ä i Ä n: determining the distribution of the random variable W D Y X; C n can be defined as the probability that W exceeds T c : Fig. 3 illustrates the relationships among the variables. Therefore, given the probability density function of W, p W .w/, the capture probability for n 2 is determined as 
IV. FINITE POPULATION THROUGHPUT-DELAY ANALYSIS
In this section, we describe the discretetime Markov chain model for a DS/SS, slotted ALOHA system with randomized TOA and delay capture developed by Davis and Gronemeyer [1] . This Markov chain model accounts for the effect of randomized TOA at the central receiver and determines the evolution of the network performance. We first define the probability of success to approximate a slotted ALOHA channel. Subsequently, an analysis of the Markov chain model for the system with delay capture is presented.
Success Probability
It is notable that packet capture alone does not guarantee that the packet will be received successfully. Given that a packet is captured, its final destiny depends on the number of other packets present in the slot and the modulation/SS signaling format employed. In fact, the ultimate success probability, PrfSuccessg; must be accounted for in the factorization of PrfSuccessg D PrfCaptureg PrfRetainjCaptureg.
In a real system, an interfering packet can prevent completion of the reception of the captured packet if the system interference margin is exceeded. A DS/SS system can reject later packets as noise up to a certain power level. Davis and Gronemeyer assume, however, that the multi-user threshold condition [14] holds and that a perfect error correcting code capability is available at the decoder [1] , [3] , i.e., PrfRetainjCaptureg D 1, and thus PrfSuccessg D PrfCaptureg: Assume that a packet is reliably captured if it arrives at the receiver T c seconds before any other packet.
Given that n packets are transmitted in a slot, we now define P S .1jn/ to be the probability that a packet is successfully received:
Correspondingly, we define
In practice, the success probability would be affected by the characteristics of the particular DS/SS scheme (i.e., modulation, SS bandwidth, and error control coding). Assuming that a perfect error correcting code capability is available at the receiver, however, we can interchangeably use the two notations, P S .1jn/ and C n :
Under the assumptions and approximations made thus far, the behavior of the singlehop, DS/SS slotted ALOHA wireless network system can now be described as a Markov model.
Markov Chain Analysis
The behavior of the slotted ALOHA system shown in Fig. 1 can now be described by a discrete-time Markov chain whose state transitions occur on a slot-by-slot basis. Let n t be the number of users in the RT mode, i.e., the number of blocked or backlogged users, at time t: Then, n t is a discrete-time Markov chain which serves as the state descriptor for the system. Given M users in the network, each of the n t backlogged users will independently retransmit a packet in each successive slot with probability q r until that packet is successfully received. Each of M n t other users will generate and transmit a new packet in a given slot with probability q a : Conditioned on n t D i, we define the following two probabilities: 
Let S t be the channel input rate at time t, which is a function of the M n t unbacklogged users. Thus, assuming M and q a to be timeinvariant, S t D .M n t /q a , and n t is a Markov chain with stationary transition probabilities. Then, the one-step steady-state transition probability going from state i to j, P i; j , is
where i and j are the numbers of backlogged users in the successive slots. Given that the system is in state i at the beginning of a slot, the following four possible state transitions can occur:
1. The state decreases by more than 1. This is not possible because at most one packet can be successfully captured and decoded in a given slot.
2. The state decreases by i j D 1. This is possible only when a backlogged packet is successfully transmitted in a given slot.
3. The state does not change, i.e., i j D 0:
The state increases by j i; i < j Ä M:
Based on these four cases, the transition probabilities, P i; j are given by 
The corresponding mathematical expressions are then given by
where P i; j constitutes the .i; j/-th element of the state transition matrix D [P i; j ] and The corresponding Markov chain is illustrated in Fig. 4 , where the number inside the circle indicates the state, i.e., the size of the backlog. Note that the backlog number can decrease by at most one per transmission, but it can increase by an arbitrary amount. In a DS/SS system with delay capture, one packet can be successfully received even if there is a collision involving two or more packets. Unlike slotted ALOHA, not all packets involved in a collision will become backlogged. The P 0;1 transition probability accounts for the possibility of single packet capture when the system is initially in a zero backlog state. In standard slotted ALOHA, this state transition is not possible.
For the case of a finite population with M users, the Markov chain in Fig. 4 is irreducible, aperiodic, and ergodic [15] , [9] . Thus, a stationary probability distribution vector, 5 D [ 0 ; 1 ; ; M ], of n t exists for which n denotes the steady-state probability of being in state n, defined by
The stationary probability distribution vector, 5, can be computed by solving the following M C1 linear simultaneous equations,
with the constraint that
Starting with an arbitrary positive value 0 ; we may calculate recursively [16] n D 1 P n;n 1
After normalizing, we get the equilibrium state occupation probabilities given by
to find the Markov chain in state n: Alternatively, we can also apply linear algebra to determine 5: Since (12) implies that 5 is an eigenvector of corresponding to an unity eigenvalue, we need only computing this eigenvector 5 and then normalize it to have the sum of its entries equal to 1. We use the second method based on MATLAB computation in our numerical analysis.
Conditioning on n t D n, we can observe the system dynamics by defining the conditional channel throughput to be the average number of successful packets S out .n/, in packets/slot. This channel throughput is the probability of exactly one packet transmission, given that there exist n backlogged users at the beginning of the given slot at time t: Therefore, the conditional throughput can be expressed as
The steady state channel throughput rate is then given by
Similarly, the expected channel backlog is given by
By Little's theorem [17] , the average delay or average backlog time is given by
V. MATLAB-COMPUTATIONS-BASED NUMBERICAL RESULTS
MATLAB file (.m-file) has been written for computing capture probability (or success probability), binomial coefficient and average channel throughput-delay-backlog, in which equations (3)- (19) were employed.
Based on the equations (16) That the average delay D doubled due to the additional 15 users means that the system users will experience a slightly larger blocking probability while the extra users remain in the system.
In comparison to the fact that maximum achievable channel throughput for standard slotted ALOHA is just raised to 0.368, it is clear from Fig. 5 that a system with randomized TOA and delay capture significantly improves throughput-delay performance.
As Kleinrock and Lam [4] claimed, we can also easily show that the Markov chain-based calculation for S and N for a stable channel are closely approximated by the equilibrium contour-based calculation for S o and n o at the channel operating point. That is, .n o ; S o / .N ; S/:
The application program used for analysis and the computation example for q a D 0:125 are given in Appendix.
VI. SUMMARY
In this paper, we have described and analyzed a single-hop, DS/SS slotted ALOHA wireless communications network system which takes advantage of the pseudoorthogonality property of a DS/SS waveform and the time capture property of the delay capture mechanism.
For the MAC-level performance analysis, a standard analysis technique, Markov chain analysis has been introduced to investigate the dynamic behavior of the capture-type channel. The MATLAB-computations-based numerical results demonstrated the employed linear algebra analysis approach is viable to the finite population Markov chain problem and also indicated that with some chosen values of the retransmission probability, q r , and the capture ratio, Q, the system throughput will degrade gracefully while maintaining good delay performance even under heavy load conditions. These attributes can provide significant advantages in supporting a large set of (potentially mobile) users in a ground-based wireless communications environment (especially, in local wireless applications).
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